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ABSTRACT 
Compressors and limiters are audio hardware / software 
devices, which fall under the broader category of dynamics 
processors. In their various forms, they find use in all aspects of 
sound production and system engineering. They produce at their 
output a copy of the input with some level dependent gain 
attenuation applied. The user typically has some control over 
the amount of attenuation and the manner in which it is applied. 
This report will cover the various forms and uses of these 
devices, along with an investigation of the mathematical basis 
upon which one may emulate an analogue hardware compressor 
in a programming environment. 
1. INTRODUCTION 
A compressor is used to reduce the dynamic range of some 
input signal. They work by inspecting the input signal for 
amplitude peaks above a user-defined point termed the 
THRESHOLD. These peaks are reduced by a user-defined 
RATIO.  
For a given input signal x, the compressor output y is given by: 
For input below threshold: 
 y(n) = x(n)  (1) 
For input above threshold:  
y(n) = threshold + 1ratio ! x(n)" threshold( )
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E.g. If a peak was detected 12dB above the threshold, and 
the ratio had been set at 2:1, the output would appear as only 
6dB above the threshold. 
The ratio may be set to any output : input ratio between the 
extremes of 1:1 (output = input above the threshold) to 
infinity:1 (output = threshold above the threshold). Figure 1 
illustrates the concept of threshold and ratio as it applies to a 
signals output. 
The compressor also provides the option of boosting the 
GAIN of the overall signal. The compression reduces the 
dynamic range, while the gain boosts the overall level. This has 
the effect of making the quieter parts of a signal louder, while 
reducing the relative level of dynamic peaks. 
Compressors also allow the user to alter the ATTACK and 
RELEASE times, i.e. how quickly the signal is attenuated after 
a peak has been detected above threshold, and how long after 
the peak drops below threshold until the compressor returns to 
unity gain. 
 
Figure 1. The input/output behaviour of a compressor. 
The gain ratio is applied for input above the threshold. 
The ratio may vary between 1:1 and infinity:1, with 2:1 
illustrated as a typical case. 
2. COMPRESSORS IN USE 
Compressors find use in all areas of live sound, recording, 
mastering, broadcast and system engineering. 
In live sound, a mix may be compressed, allowing a sound 
mixer to work within the limits of a given system, while 
increasing the overall loudness of the mix. Similarly in a 
recording or broadcast environment, a mix may be compressed 
to achieve maximum loudness, while still fitting within the 
dynamic range of the intended medium. 
Compression can be used within a mix as well. E.g. 
compressing the peaks on a singer’s voice and increasing the 
overall gain will result in the subtle nuances being brought out 
of a vocal performance, and also allow the vocal to sit level-
wise on top of a mix. 
The balance between threshold and ratio is often a delicate 
one, as too little compression may be pointless, while too much 
compression may result in a lifeless mix or performance due to 
severe reduction in dynamic range. 
Attack and release also may be varied to artistic effect, e.g. 
changing the tone colour of drums, by setting the attack and 
release to have the transient of a drum strike compressed or 
allow it to pass uncompressed. 
3. LIMITERS – A SPECIAL CASE 
For a given threshold, the ratio of a compressor may be set 
to be infinity:1. This implies that for any input signal, the output 
 shall never exceed the threshold. In this case the compressor is 
considered to be acting as a limiter (see inf:1 curve in figure 1). 
Limiters have application in sound system engineering, as 
they can be set to protect a loudspeaker system from being 
overdriven. In this case a limiter may act as a fast acting peak 
limiter, designed to protect a speaker from over-excursion 
during transients, or as an rms limiter, to protect the speaker 
from thermal damage, due to program level exceeding the 
speaker’s capabilities. Either or both of these functions are often 
implemented within dsp based loudspeaker system processors. 
Similarly a limiter may be used to prevent program material 
from clipping the input to a broadcast channel or recording 
medium. 
4. COMPRESSORS AS NON-LINEAR SYSTEMS 
A compressor does not affect an entire input signal with the 
same behaviour. Therefore it cannot be considered a linear 
system. For a given moment in the output signal, one has no 
way of knowing whether they are looking at a compressed or 
uncompressed product. Consequently there is no way of 
accurately reconstructing the input, given the output. If the 
compression scheme was known, an expander could be used to 
recreate the original. This is a process known as companding, 
and often used in wireless microphone systems to reduce the 
dynamic range for transmission and increase it again at the 
receiver. 
5. IMPLEMENTING A COMPRESSOR IN DSP 
A compressor consists of a signal path and a side-chain. The 
side-chain is where the gain reduction curve is deduced, based 
upon the input. The gain reduction is then applied to the signal 
path. Figure 2 shows a simplified flow diagram. 
 
Figure 2. A simplified flow diagram of a typical 
compressor. The envelope detection and gain reduction 
curve comprise the side-chain. 
The compressor functions by creating a control signal, 
derived from the input. This signal incorporates the envelope of 
the original signal, that is, the shape of the amplitude of the 
absolute value of the signal. The compressor examines this 
control signal for places where the amplitude exceeds the 
threshold, and creates a gain adjustment signal, which has value 
1 where the envelope is below threshold, and <1 where the 
value is above threshold. The gain reduction is dependent upon 
the compressors ratio, and takes into account the compressors 
attack and release times. This gain reduction curve is multiplied 
by the original signal to create the compressors output. 
Figure 3 illustrates the concept of the envelope follower, 
and derived gain reduction. The input is created in such a way 
that the first part is below threshold and the latter part rises 
above threshold. The envelope follows the amplitude shape of 
the absolute value of the signal. The gain reduction ratio only 
falls below 1 where the threshold has been passed. The output 
shows the second half of the signal compressed. The attack time 
can be seen where the first larger amplitude peak has not been 
fully compressed. 
 
Figure 3. Plots illustrating the concept of envelope and 
gain reduction curve for a given input. The output can 
be seen as the input scaled by the gain reduction curve. 
There are various approaches to obtaining the envelope of a 
signal. By passing the absolute value of a signal through a low 
pass filter, the audio frequency oscillations can be filtered out, 
leaving the envelope of the signal. By varying the coefficients 
of the filter, the response time of the envelope can be altered, a 
pseudo attack and release time. 
A Hilbert transform can also be used to obtain the signal’s 
envelope. The output of the transform contains the amplitude 
envelope of the signal in complex form. A running average FIR 
filter can be used to smooth the envelope. The FIR filtered 
signal has a delay, introduced by the process of averaging 
multiple samples. To compensate, the input signal path of the 
compressor requires a delay be added so that the gain reduction 
curve matches in time the input it is operating on. 
The output becomes (Zolzer, 2008) 
 y(n) = g(n)! x(n"D)  (3) 
Where:   
x(n-D) = original signal delayed by latency introduced by FIR 
filter 
y(n) = compressed output signal 
g(n) = gain reduction curve 
The gain reduction curve can be created according to the 
rules in equation 1 and 2 using the envelope of the signal as the 
control. The attack and release time parameters can be used to 
create an exponential curve, applied each time the gain curve 
transitions between 1 and some value of attenuation. 
6. SUMMARY 
A compressor as an analogue device finds great use in audio 
engineering. As systems tend towards digital, it is necessary for 
algorithms to exist that emulate the expected behavior of these 
devices. Using a Hilbert transform with a running average FIR 
filter as an envelope follower, upon which a gain reduction 
curve is constructed, a compressor can be constructed in a 
digital environment. 
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